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Abstract—We propose and analyze two strategies to provide
different levels of quality of service (QoS) to the DVB–SH
standard. An extension of the interleaving scheme is investigated
to support low latency service requirements for interactive
services based on short messages. The ﬁrst approach is a
straightforward extension of the DVB–SH interleaver scheme
based on an early–uniform interleaver proﬁle, and the second
one is the introduction of a super short interleaver, referred to
as molded interleaver, which is embedded inside the standard
DVB–SH interleaver. An exhaustive analysis, based on laboratory
measurements, shows the beneﬁts of the molded interleaver.
Finally a comparison between the modiﬁed interleaving strategy
and the use of hierarchical modulation is presented.
I. INTRODUCTION
The interest in satellite broadcasting systems has been
growing recently, especially after the release of appropriate
standards, e.g. the ETSI Satellite Digital Radio (ESDR) stan-
dard [1], [2] and the Digital Video Broadcasting Satellite
to Handhelds (DVB–SH) standard [3]. A typical property of
satellite systems is the frequent absence of line of sight (LOS)
due to solid objects like buildings or bridges. In this case,
the signal might be lost resulting in long error events. The
solutions to this problem proposed in [1], [2] and [3] are based
on the use of a long channel interleaver. Normally the latency
introduced by such a system is not an issue when broadcasting
multimedia data, such as music or movies, but recently, new
applications have been considered for these systems where
real–time (RT) communication is required. For example, if a
return link is deployed for televoting, short message services
(SMS), reporting of trafﬁc congestion or emergency alarms, a
delay in the forward link of some dozens of seconds is not
acceptable.
The DVB–SH standard provides a conﬁgurable duration of
the channel interleaver in the physical layer ranging from some
milliseconds to dozens of seconds, but a unique interleaver
conﬁguration must serve for all kinds of data. Different levels
of quality of service (QoS) are not supported. It is desirable
that the same transmission system provides non–real–time
(NRT) data which can be long interleaved and RT data with
short or even no interleaving. ESDR solves this issue by the
use of different data streams inside the same transmission
multiplex which can be individually interleaved and protected.
We investigate the problem of real–time transmission in
a DVB–SH environment. A straightforward solution is the
early–uniform interleaver which is analyzed. The molded
interleaver is introduced as an alternative solution which
provides high ﬂexibility and can be easily integrated in the
current DVB–SH standard. Besides, this solution is backward–
compatible, which means that current DVB–SH receivers
could still work with the legacy data, and the real–time infor-
mation is only visible to the enhanced receivers. If hierarchical
modulation is used, the real–time information could be mapped
onto different levels of protection offered by the modulation in
order to mitigate the effect of reducing the interleaver duration.
We investigate the viability of hierarchical modulation in a
system with RT and NRT data streams.
The remainder of this paper is structured as follows. Section
II presents the DVB–SH system concept including encoder and
decoder. The real–time requirement for the channel interleaver
is considered in Section III, where two solutions are presented.
Section IV compares the proposed RT scheme for DVB–SH
and the standard NRT DVB–SH transmission. Besides, the
impact of hierarchical modulation to the RT and NRT data is
investigated. Finally, some conclusions are drawn in Section
V.
II. SYSTEM MODEL
Fig. 1 shows a simpliﬁed model of the physical layer of
the DVB–SH system based on the DVB–SH implementation
guidelines [4], including the transmitter, the channel and the
receiver. Only the most relevant blocks for our analysis are de-
picted: a 3GPP2 turbo encoder [5], a convolutional interleaver
and a mapper. A data stream D is encoded by a 3GPP2 turbo
encoder which supports code rates from 1/5 to 2/3. The output
codewords C are interleaved using a convolutional interleaverFig. 1. DVB–SH transmission system, composed by an encoder, a channel
and a decoder.
which provides durations from a few milliseconds up to dozens
of seconds. Coded bits are grouped and mapped onto a unique
point of a constellation which is determined by the modulation
format, where quadrature phase–shift keying (Q–PSK), 8–
PSK, 16–ary amplitude–phase–shift keying modulation (16–
APSK) and 16–ary quadrature amplitude modulation (16–
QAM) are supported.
The receiver performs the reverse process. Symbols are
demapped resulting in a–posteriori probabilities (APPs) of the
codeword symbols based on the received signal y. The APPs
are represented as conditional log–likelihood ratios (LLRs),
which are de–interleaved and fed to the turbo decoder. This
scheme corresponds to a bit–interleaved coded modulation
(BICM) [6] structure with no iterations between the demapper
and the decoder.
The DVB–SH standard is deﬁned for terrestrial and satellite
communications, where the terrestrial waveform is based on an
orthogonal frequency division multiplexing (OFDM) scheme
and the satellite waveform allows time–division multiplexing
(TDM) and OFDM. The width of the channel interleaver de-
pends on the transmission scheme, ranging from few hundreds
of milliseconds for terrestrial transmission to few dozens of
seconds for satellite transmission. Under real–time require-
ments, the terrestrial transmission is usually conﬁgured with
short interleavers, while for satellite transmission, the latency
introduced by the long channel interleaver is intolerable for
certain applications. The interleaver proﬁle determines how a
codeword is spread over the time. Some interleaver proﬁles, as
the uniform–late proﬁle, are designed to allow for quick signal
recovery after switching on or after a long dropout when the
channel conditions are good enough. However, in this case, the
latency introduced at the transmitter is still too large for real–
time applications. Therefore, this paper focuses on satellite
transmission where these long interleavers are used.
We choose a land mobile satellite (LMS) channel model
proposed in [7] and [8] to model the satellite channel. The
received signal is described by
y(t) = a(t) · x(t) + n(t), (1)
where x(t) is the continuous–time transmit signal, a(t) cor-
responds to the complex attenuation factor caused by the
channel, and n(t) is a complex–valued white Gaussian noise
process with double–sided power spectral density N0 in equiv-
alent complex baseband. The variations of a(t) are modeled
using states for the different conditions of the transmission,
which can be grouped in line of sight, shadowing and block-
Fig. 2. Early–uniform proﬁle of a convolutional interleaver at the transmitter
side
age. The long channel interleaver is necessary to overcome
long dropouts produced by the blockage state where the direct
path of the satellite is blocked.
Two different interleaver proﬁles are proposed by the DVB–
SH standard to spread the transmitted signal. The uniform pro-
ﬁle distributes the codewords uniformly along a conﬁgurable
number of frames. The codewords are cut in pieces of 126
bits, named interleaver units (IUs), and spread according to a
given proﬁle. The uniform–late proﬁle divides the codewords
into two sections. The ﬁrst one is spread along many frames
(as for the uniform proﬁle) and the second one is concentrated
in a few frames. For example, two third of the IUs can be
spread along 100 frames and the remaining one third can
be concentrated in the last 3 transmitted frames. After the
receiver is switched on, decoding of an arbitrary codeword
is possible after the 3 frames of the late part are received.
Note that the uniform part of this codeword is ignored because
it was received when the receiver was off. Obviously, this
type of decoding is only possible if the channel conditions are
good enough and the code rate of the turbo encoder is chosen
accordingly. In the example above, a code rate lower than 1/3
and good reception conditions allow for a successful decoding
after the 3 frames of the late part of the codeword are received
because the turbo decoder has enough good bits to guarantee
error–free decoding.
III. METHODS FOR REAL–TIME SERVICE IN DVB–SH
Recently, a return link for a DVB–SH transmission system
is becoming attractive. The main purpose of the return link
is the transmission of short messages for the introduction
of interactivity to the forward link broadcast services. This
kind of information requires RT transmission (low latency)
which is in conﬂict with the requirement of high robustness for
conventional NRT broadcast data, which is achieved by a long
interleaver. Unfortunately, data transmission with two different
interleaver proﬁles is not possible in the current DVB–SHFig. 3. Multiplexing of the RT pipe and the NRT pipe.
standard, where only one end–to–end latency for all types of
services is provided.
We focus on the satellite link, as for the terrestrial link the
interleaver for the NRT transmission is short anyway (100 to
400 ms) thanks to the reduced inﬂuence of slow fading. This
latency could be acceptable for certain RT applications, and a
single interleaver conﬁguration could accomplish the different
QoS requirements for the RT and NRT transmission. The satel-
lite link requires long interleavers, leading to high latencies for
the uniform interleaver proﬁle because the codeword is spread
uniformly within the interleaver duration. This effect can be
mitigated by using the uniform–late interleaver proﬁle, where a
codeword can be decoded using only the late part under good
channel conditions. This interleaver proﬁle offers also other
advantages for the receiver, e.g., the memory consumption
required by the channel de–interleaver is less than for the
uniform proﬁle because the late parts of the codewords are
stored shortly before being decoded. Although the use of
the uniform–late interleaver proﬁle reduces the latency in
the receiver, the transmitter still requires the full interleaver
duration to realize this interleaving scheme, leading to a
transmission with an unacceptable latency for RT applications.
A. Early–uniform interleaver
A straightforward solution is the use of a long interleaving
with an early–uniform interleaver proﬁle that allows near RT
extraction of the RT services as well as retains the beneﬁt
of the long interleaving for the broadcast services. Fig. 2
shows the early–uniform interleaver proﬁle. The convolutional
interleaver is composed by different interleaver taps, which
delay the codeword accordingly. The codeword is chopped in
different snippets, referred to as interleaver units (IUs), and
fed to the interleaver taps. The IUs of each tap are delayed
according to the interleaver proﬁle. The dark gray colored taps
of Fig. 2 represent the early part of the interleaver proﬁle
and the soft gray colored taps represent the uniform part.
The distribution of a single codeword over the time is also
shown for this proﬁle. The (long–time interleaved) NRT data
is decoded only after the reception of the last IU of the
codeword, whereas the (low latency) RT data is decoded after
the reception of the early burst of IUs, such that the end–to–
end latency is very short.
However, this approach entails some serious drawbacks.
The zapping time for switching on or changing channels
in presence of the early–uniform proﬁle is much higher than
for an alternative uniform–late proﬁle, where the decoding can
start after a very short time, when a late burst of an arbitrary
codeword is received. An early decoding of the early part
of the interleaved data should be possible, but the decoding
instant must then stepwise be shifted towards the reception
of the last IU, in order to reach the maximum robustness,
introducing additional jitter to the decoding stage.
The RT data exploits only part of the available redundancy
because all IUs later than the early burst are ignored by the
RT capable receivers. This leads to a reduced robustness/power
efﬁciency for this data compared to the NRT data, and a waste
of the transmission capacity.
The early–uniform proﬁle requires a higher memory con-
sumption since the early part of the long–time interleaved data
needs to be stored for the whole interleaver latency in the
receiver as compared to the uniform–late proﬁle where most
of the memory requirements are shifted to the transmitter.
Finally, the early–uniform proﬁle is not deﬁned in the
current DVB–SH standard, which means that this approach is
not backward compatible and the signals cannot be received
by legacy receivers.
Other combinations of interleaver proﬁles present also dif-
ferent drawbacks. As an example, an early–late interleaver
proﬁle concentrates all the information into two bursts with a
conﬁgurable delay between them. The early burst can be used
for the RT data as in the case of the early–uniform proﬁle,
while both bursts can be used for the NRT data. In this case,
the NRT information is only distributed along two time slots
due to the late proﬁle, which reduces the robustness against
long dropouts.Therefore, the strategy adopted by the DVB–SH standard for
the channel interleaver is not suitable for a mixed transmission
of RT and NRT data, requiring an extension of the concept of
the channel interleaver.
B. Molded interleaver
Fig. 3 shows the main idea of a molded interleaver approach,
where the DVB–SH multiplex signal is split into two sub–
multiplexes, which are combined in a time multiplexed manner
by the multiplexer D. We refer to these sub–multiplexes as
pipes in the sequel. Each pipe has its own code rate and
interleaver proﬁle. The interleaving is performed by the de–
multiplexer A and the multiplexer B, where the IUs of each
codeword are delayed by a convolutional interleaver using a
structure of 48 taps. The NRT data can be protected using
a long interleaver, while a sufﬁciently short interleaver is
applied to the RT data. This approach enables backward
compatibility, which requires that the positions of the IUs
of the NRT pipe inside the DVB–SH multiplex must be
the same as for the legacy waveform, and the RT pipe is
only allowed to ﬁll the gaps between those, i.e., it must be
embedded into the stream deﬁned by the NRT pipe. To this
end, dummy codewords are inserted as placeholders for the
RT information, which are removed by the de–multiplexer
C. The multiplex schedule (which pipe is transmitted when)
must be the same in each frame, and this information could
be transmitted inside the signaling ﬁeld. The legacy receivers
can not distinguish between the two pipes, which means that
they use the conﬁguration of the NRT pipe to decode the
RT information, which obviously leads to erroneous decoding.
The DVB–SH standard provides a mechanism to handle these
codewords correctly and discard them.
A super short interleaver proﬁle for the RT pipe is derived
from the long interleaver proﬁle of the NRT pipe by taking
its tap delays modulo the number of interleaver cycles per
frame. Using this strategy, the IUs of the RT pipe are molded
between the positions of the IUs of the NRT pipe ﬁlling the
gaps left for the this pipe. The modulo operation also assures
that the length of the RT pipe is less than one DVB–SH frame,
which matches with the requirement of low latency because a
typical DVB–SH frame has durations around a few hundreds
of milliseconds. Fig. 4 shows an example of how both pipes ﬁt
into a DVB–SH frame. For the sake of illustration, the actually
used 48–tap convolutional interleaver has been reduced to a 4–
tap one. An SH frame is composed by 3 interleaver cycles (12
IUs) and a codeword has a length of one interleaver cycle (4
IUs). A uniform–late proﬁle is used for the NRT pipe, where
the tap delays are set to {0,1,3,6}. The proﬁle of the RT pipe
is calculated applying the modulo operation to the tap delays of
the NRT pipe, resulting in {0,1,0,0}. The stream of IUs over
the time is shown for each pipe, where the IUs are identiﬁed
using the annotation (x,y), where x denotes the codeword
index and y represents the IU index inside this codeword.
Finally, the combined stream of IUs is shown. Note that the
RT pipe is molded into the gaps of the NRT pipe. Unused IUs
are identiﬁed by a question mark, but further investigations
Fig. 4. Example of a molded interleaver.
have shown that in most of the cases both pipes could ﬁt into
these unused IUs, so the full frame can be exploited without
wasting transmit capacity.
The interleaver proﬁle of the RT pipe does not need to
be signaled in the signaling ﬁeld, since it is calculated from
known parameters using a modulo operation. However, the
number of codewords per frame of the NRT pipe has to be
signaled, since the RT pipe starts after these, as well as the
code rate of the RT pipe. These two parameters can be stored
into the 32 RFU (reserved for future use) bit positions of the
signaling ﬁeld, that are covered by a cyclic redundancy check
(CRC) code, or an additional ﬁeld including another CRC is
inserted afterwards.
C. Hierarchical Modulation
DVB–SH provides hierarchical modulation for a 16–QAM
signal constellation with two effective protection levels, refer-
enced as ”Hi–prio” and ”Low–prio”. The grade of protection
of the levels is conﬁgurable by adjusting the spread of the
constellation which is determined by a factor α, ranging from
α = 1 to α = 4. This ﬂexibility can be used to protect the
NRT and RT pipes individually. Both NRT and RT pipes can
be mapped indistinctively to the Hi–prio and the Low–prio
streams. Under an LMS channel with large variations of the
signal–to–noise ratio (SNR), the RT pipe can make use of theDVB-SH Transmitter
Real-time interleaver:
{1,48,1,0,0}
DVB-SH Transmitter
Non-real-time interleaver:
{40,0,12,4,2}
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Fig. 5. Laboratory setup for transmission of the RT and NRT pipes.
Hi–prio transmission in order to improve the bad protection
due to the very short interleaver. On the other hand, the low
protection offered by the Low–prio transmission could have
an unacceptable impact on the performance of the NRT pipe.
IV. RESULTS
A. Real–time interleaver
Fig. 5 shows the laboratory setup used to measure the per-
formance of the RT pipe. It is composed of two standard DVB–
SH transmitters, an LMS channel generator, and a DVB–SH
prototype receiver. The RT pipe can not be directly tested in
this setup because the transmitter and the receiver support only
a standard DVB–SH stream. However, the receiver allows the
parallel reception of two independent satellite streams.
One of the transmitters outputs the NRT pipe employing
a uniform interleaver proﬁle of a duration of 10 seconds in
one of the satellite multiplexes at a central frequency of about
2.2 GHz. The second transmitter emulates the RT pipe by
using a super short interleaver proﬁle (with duration less than
one DVB–SH frame) at a central frequency of about 2.1 GHz.
Both TDM signals are added and a broadband LMS channel is
applied to the composite signal. We use the sub–urban scenario
proposed in [4] with a velocity of the terminal of 50 km/h,
where the channel coefﬁcients a(t) are generated according
to a Loo distribution [9], and additive white Gaussian noise
(AWGN) n(t) is added. A QPSK modulation and a code rate
of 1/4 are used in all measurements. The DVB–SH prototype
receiver has two independent demodulators in order to receive
both satellite multiplexes and decode them in parallel. The
output packets are saved and post–processed in Matlab.
Fig. 6 shows the packet error rate (PER) versus Es/N0
(Es: average received energy per symbol) for the RT and NRT
pipe. The RT pipe exhibits a much worse performance than the
NRT pipe, which is due to the absence of a long interleaver
mean number mean delay loss rate after
of txs. (ms) 5 txs.
30 1.291 38.4 6.6*10−5
90 1.280 115.2 9.2*10−6
Re-transmission 240 1.279 307.2 3.3*10−6
period (ms) 480 1.260 614.4 2.5*10−7
960 1.259 1228.8 1.3*10−7
unc. 1.256 - 5.6*10−10
TABLE I
MEAN DELAY AND LOSS RATE FOR THE RT PIPE. SUB–URBAN SCENARIO,
50 KM/H, Es/N0=1 DB.
to overcome dropouts. Therefore, a very high link margin is
necessary if a continuous error–free transmission in the RT
pipe is required.
Restricting the data carried by the RT pipe to short message
communications, it is of interest to analyze the error distribu-
tion over the time. This is shown in Fig. 7, where the error
probability of both pipes during 15 minutes is shown for an
Es/N0 = 1 dB. The NRT pipe is characterized by a few
long sequences of error bursts due to the long interleaver,
whereas the RT pipe presents many short error bursts. This
distribution of the errors requires some re–transmissions of
the same message in order to guarantee a successful reception
even for good channel conditions (see Fig. 6). Fig. 8 shows
the probability of a successful transmission of a codeword for
the RT pipe for a variable number of re–transmissions. The
relation between the re–transmission period and the probability
of success can be also observed. Increasing the time between
re–transmissions leads to a higher probability of success. For
a re–transmission period of around one second, the measured
probability is close to the theoretical curve, where the re–
transmissions are assumed to be uncorrelated.
The mean delay until a transmission is successful and the
loss rate of a packet after 5 transmissions are shown in Table
I. Increasing the re–transmission period decreases the loss
probability of a packet after ﬁve transmissions, but this has
an impact on the mean delay of a successful transmission.
In traditional communication systems, an acknowledgment
of re–transmission is usually exchanged between transmitter
and receiver. In case of satellite systems, this strategy in-
creases dramatically the transmission delay due to the long
distances between the satellite and the terrestrial terminals.
While the transmitter is waiting for an acknowledgment, some
re–transmissions of the message can be sent, which increases
the amount of transmitted redundancy. A tradeoff between
the transmission delay and the robustness of transmission rate
must be found.
B. Effect of hierarchical modulation
The decoding capability of the levels of a hierarchical 16–
QAM modulation can be evaluated via the mutual information
(MI) [10] between the input bits fed into the mapper and the
output LLRs of the demapper. The MI provides the capacity of
a level for a certain SNR, therefore MI is a good indicator to
decide whether a level can be decoded or not. Fig. 9 shows the
MI curves for a 16–QAM with α = 1 and α = 4, respectively.
Note that the protection levels are more spread for higherFig. 6. PER of the RT and NRT pipe.
Fig. 7. Error distribution of the RT and NRT pipe.
values of α, which means a higher protection of the Hi–prio
level and a lower protection of the Low–prio level. The single
protection level of a 16–QAM with α = 1 for a BICM scheme
is shown for comparison.
The probability of a successful transmission in the RT pipe
for different hierarchical modulations is shown in Fig. 10,
where the re–transmission period is set to 240 ms. The results
have been calculated using the laboratory setup presented in
Fig. 5. The low protected level of the 16–QAM for α = 4
causes a complete loss of the RT pipe, requiring a higher
SNR for error–free decoding. Fig. 9 shows that this level
introduces a loss of about 8 dB compared to the BICM
decoding scheme. On the other hand, the Hi–prio levels of the
hierarchical modulation increase the rate of success for the
RT pipe reducing the necessary amount of re–transmissions to
Fig. 8. Rate of successful transmission for the RT pipe. Sub–Urban scenario,
50 km/h, Es/N0=1 dB.
Fig. 9. Mutual information for 16–QAM, α = 1 and α = 4.
achieve an acceptable performance. However, the NRT pipe
might degrade in this case due to the use of the Low–prio
level. It could be necessary to improve the protection of the
NRT pipe by using a lower code rate to compensate for the
loss introduced by the hierarchical modulation when the worst
protected levels are employed.
Finally, Table II shows the mean delay until a transmission
is successful and the loss rate of a packet after 5 transmissions
for the RT pipe when a hierarchical 16–QAM is employed.
Note that if the RT information is transmitted using the Hi–
Prio, the mean delay of successful transmissions decreases in
comparison with a traditional BICM scheme. On the other
hand, the Low–Prio degrades the performance of the RT data,Fig. 10. Rate of successful transmission for the RT pipe for hierarchical
16–QAM. Sub–Urban scenario, 50 km/h, Es/N0 = 4 dB.
mean number mean delay loss rate after
of txs. (ms) 5 txs.
BICM 2.17 521 1.92*10−2
α = 1, RT in Lo-Prio 2.46 589 9.12*10−2
α = 1, RT in Hi-Prio 1.41 338 1.00*10−4
α = 4, RT in Lo-Prio - - 1
α = 4, RT in Hi-Prio 1.15 276 2.45*10−7
TABLE II
MEAN DELAY AND LOSS RATE FOR THE RT PIPE FOR 16–QAM.
RE–TRANSMISSIONS EACH 240 MS. SUB–URBAN SCENARIO, 50 KM/H,
Es/N0=4 DB.
especially for α = 4, where no successful transmission is
possible for the used channel parameters.
V. CONCLUSION
In this paper, three possible solutions for the transmis-
sion of a real time pipe using the DVB–SH standard are
presented. Two of these solutions require an extension of
the DVB–SH standard in order to provide an extra level of
QoS. An early–uniform interleaver proﬁle is introduced as an
extension of the current interleaving scheme to include low
latency data streams inside a standard DVB–SH transmission.
Some drawbacks of this approach are discussed, as the non–
backward compatibility with legacy DVB–SH devices and the
loss of power efﬁciency for the RT pipe. We have introduced
a more efﬁcient solution, named molded interleaving. Here
the low latency information can be molded to the standard
DVB–SH signal format. Besides, the molded interleaver proﬁle
can be derived from the standard interleaver proﬁle, which
means that only the number of codewords per frame of the
NRT pipe has to be signaled. Therefore, this solution can
be integrated efﬁciently into the current signaling ﬁeld of
the DVB–SH standard and is backward–compatible to legacy
DVB–SH receivers. The molded interleaver approach has been
measured in the laboratory using a standard DVB–SH setup
and the results have been extensively discussed. In addition,
the effect of hierarchical modulation to the low latency data
has been investigated, showing that the unequal protection of
the hierarchical modulation provides an extra ﬂexibility when
setting the QoS of the RT pipe. However, the degradation
introduced by highly irregular constellations in the NRT pipe
can be intolerable in some scenarios.
Applying the proposed molded interleaver to different types
of scenarios, as forest or urban environment, is a natural
extension of this work. Besides, the molded interleaver can
be also applied to the terrestrial signal in case the interleaver
latency is not acceptable for RT applications.
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